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TITLE 

Method for noise reduction in an audio device and hearing aid with means for reducing 

noise. 

5 AREA OF THE INVENTION 

The invention relates to the area of noise reduction in audio devices which are to receive 
an input signal either as a sound signal or as a wired or wireless signal and have means 
for delivering a signal to the user, which represents sound. To such devices belong usual 
hearing aids, cochlear or brain stem implants, headsets and noise protection devices. In 
10 the devices the received signal representing a sound signal may comprise a noise part 

and a speech part, whereby usually the user would like to have the noise part dampened 
in order to be able to better hear and understand the speech part of the signal. The 
invention further concerns a hearing aid with means for reducing noise. 

15 BACKGROUND OF THE INVENTION 

Numerous attempts have been made to establish a noise reduction scheme, which 
provides good listening comfort and good speech intelligibility at the same time. 

20 In prior art document EP 1326479 a method of reducing noise in a signal is described 
whereby an input signal is supplied to an amplification unit where the input signal is 
subject to an auxiliary noise reduction algorithm, to generate an auxiliary signal. The 
auxiliary signal is used to determine a control input for the amplification unit; and the 
amplification unit is then controlled with the control signal, to generate an output signal 

25 with reduced noise. According to this prior art the method comprises the further steps of: 
detecting the presence and absence of speech utterances; and in the absence of speech, 
determining a noise magnitude spectral estimate; and in the presence of speech 
comparing the magnitude spectrum of the audio signal to the noise magnitude spectral 
estimate; calculating an attenuation function from the magnitude spectrum of the audio 

30 signal and the noise magnitude spectral estimate; and modifying the input signal by the 
attenuation function, to generate an output signal with reduced noise. This prior art 
technique has the problem, that it requires a speech pause in which to determine the 
noise magnitude spectrum. In a typical party noise situation such a pause may not be 
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detectable and the system then has little or no clue as to how to calculate the right 
attenuation function. 

SUMMARY OF THE INVENTION 



5 In order to avoid the problems of the prior art, the invention suggests a method for noise 
reduction in an audio device whereby an electrical and/or digital signal which represents 
sound is routed simultaneously through: 

- a signal analysis path, and 

- a signal processing path wherein the signal attenuation is individually controllable in 
10 specific frequency bands by attenuation values derived from the signal analysis path 

whereby the signal in the signal analysis path is routed simultaneously through: 

- a first detector which identifies the presence of speech indicators in the overall signal, 
and 

- a second detector which in a predefined number of frequency bands detects the 
15 modulation amplitude, and 

- where attenuation values in each of the predefined frequency bands are calculated 
based on the combined results of the first detector and the modulation amplitude in the 
specific frequency band detected by the second detector, 

- where the attenuation values in the predefined number of frequency bands are routed to 
20 the signal processing path in order to attenuate the signal level in frequency bands. 

By basing the attenuation in narrow frequency bands on the combined results of broad 
band speech detection and narrow band modulation amplitude it is secured that 
reasonable noise damping is achievable under all circumstances. : * 

25 

According to an embodiment of the invention the second detector calculates the 
modulation amplitude by tracking peeks in the signal level and tracking the noise floor in 
the signal level and then determines the distance between the overall level of the peeks 
and the noise floor. This allows the tracking parameters like attack and release times to 
30 be set according to individual preferences or these parameters may be pre- selected by 
the manufacturer of the device to provide overall reasonable estimates of the modulation 
amplitude with due regard to the auditory environment in which the device is supposed 
to work. 
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In a further embodiment the level of the noise floor in each frequency band is usexl to 
scale the calculated corresponding attenuation value, such that higher noise floor levels 
results in possible higher attenuation values. This scaling will aid to ensure that 
attenuation is only introduced when a certain noise floor level is present. 

5 

In a further embodiment the attenuation values in each specific frequency band arc 
calculated in the following way: 

- first attenuation values are calculated according to a first predefined transfer furxction 
between the modulation amplitude detected by the second detector and attenuation 

10 values whereby the first transfer function prescribes generally low attenuation values, 

- second attenuation values are calculated according to a second predefined transfer 
function between the modulation amplitude detected by the second detector and 
attenuation values whereby the second transfer function prescribes generally high, 
attenuation values, 

15 - fading between the first and the second calculated attenuation values is performed in 
response to the detected speech presence indicators from the first detector. 

Hereby it becomes possible to gradually shift between an aggressive noise damping used 
when no speech is detected and a less aggressive noise damping performed at times 
20 when speech is detected. In this way it is assured that no valuable speech cues are? lost to 
the user of the device. 

Preferably the first detector for detecting the presence of speech indicators uses statistical 
information relating to possible correlation of modulation in different frequency fc>ands. 
25 This method is known to provide a very reliable detection of the presence of speech in a 
signal. 

For hearing aid users it is even more challenging to understand speech in noisy 
situations. According to the invention a hearing aid with an advanced noise processing 
30 scheme is suggested, which will improve both the listening comfort for the user and the 
ability to understand speech in noisy situations. 



BRIEF DESCRIPTION OF THE DRAWINGS 
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Fig. 1 is an overall block diagram displaying the method, 
Fig. 2 shows the signal analysis in discrete frequency bands, 
Fig. 3 is a graph showing the function of the modulation amplitude detector, 
5 Fig. 4 displays a possible dependency of the attenuation with respect to the modulation 
amplitude, 

Fig. 5 is a schematic representation of a possible transfer function between noise floor 
and attenuation level. 

10 DESCRIPTION OF A PREFERRED EMBODIMENT 

In fig. 1 the overall system of the noise reduction scheme is displayed. The system is 
explained in relation to a hearing aid, but the noise reduction system may be used in 
connection with any audio system wherein noise is a problem. The audio signal is routed 

15 simultaneously to a signal analysis block 1 and to a signal processing block 2. Tn the 

signal analysis block 1 the signal is routed to a speech detector 3 and to a further detector 
4 working in a number of narrow frequency bands. In fig. 2 the filtering block 5 for the 
signal analysis is shown with 8 different bands according to the presented embodiment of 
the invention, but more or fewer bands could be employed. The signal processing Id lock 

20 2 will also contain some sort of narrow band operation, as band specific attenuation 
factors will be produced by the signal analysis block 1 as described in the following. 

In the signal analysis block 1 the signal representing each of the 8 frequency bands are 
converted to absolute values, low-pass filtered, downs ampled and converted to the Db 

25 domain in calculation block 6. The Db values are routed to a modulation amplitude 

detector 7. With reference to fig. 3, it is explained how this detector works. In the graph 
in fig. 3 the abscissa is a time measure and the ordinate is the Db values from the 
calculation block 7. The nigh energy parts of the signal or the peaks are tracked with 
short attack times and longer release times and this is shown by the upper curve Tn- The 

30 low energy part of the signal is tracked with moderate attack and release times and this is 
shown with the curve Ti. Thus this detector delivers band specific measures for the 
amplitude or size of the signal modulation in that the output is the difference between the 
T„ and the Ti values. 
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The size of the modulation is one of the determining factors for the size of the 
attenuation to be specified in each of the 8 frequency hands, hut also the presence of 
speech indicators in the signal as well as the level of the signal in each band are 
5 important factors. The modulation amplitude in each frequency band is used in the 
following way: a first and a second transfer function AttMIs and AttMI N between the 
amplitude of the modulation and the wanted attenuation are specified. The first transfer 
function named AttMI s will result in generally low attenuation values, and here the 
assumption is that even at slight or no modulation in the particular band, speech is 

10 present in the signal and the user only wants moderate or no damping in order not to 
have any parts of the speech signal dampened. The second transfer function named 
AttMl N will result in generally high attenuation values and here the assumption is that 
the signal is dominated by noise and contains no or little speech information such that the 
user wishes the signal to be dampened even if modulation is present in the particular 

15 band. An example of two possible transfer functions between attenuation and modulation 
amplitude are indicated in ftg. 4. The two transfer functions may be individually 
specified and may even as late as at the fitting of the hearing aid to the end-user be 
changed according to individual wishes. The transfer functions may be individually 
specified in each frequency band. The speech indicator signal which is not band specific, 

20 is used to choose which one of the transfer functions should be used, such that when the 
speech cues are detected the first transfer function AtttMI s is preferred and when no 
speech cues are detected the second transfer function AttMlN is chosen. In order to avoid 

abrupt shifts from low to high attenuation values a fading scheme is utilized when 

.rv 

staffcing between the two correlations: 

25 

AttLVL( res ) = y(speech indicator)AttMI s + (1- y(speech indicator)) AtrMI N 

Whereby the value y is dependent on the speech indicator signal and is in the range 
between 0 and 1 . The y value is caused to move towards the value 1 when the speech 
30 indicator signal is positive and caused to move towards the value 0 when the speech 

indicator signal is negative. AttLVL( res ) is the resulting attenuation level in the specific 
band. 
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The AttLVL( r e S ) which is set in this way according to hand specific modulation amplitude 
and according to possible speech cues in the total frequency span of the hearing aid, now 
need only to be regulated according to the signal level in each band. 

5 With reference to Fig. 5 it is explained in the following how the AttLVL( res ) is finally 
adjusted to the signal level. When the signal level is low it is preferred that low 
attenuation values be employed irrespective of the measure speech cues or modulation 
amplitudes and when the signal level is high the full impact of the calculated AttLVL( res ) 
is wanted. To this end the result of the tracking function Ti of the noise floor of the signal 

10 in each band is used for a final adjustment of the AttL,VL( rcs ) values before these are 
ready for output from the signal analysis part. This is done by defining a transfer 
function between the level of the noise floor of the signal in each frequency band Ti and 
a scaling factor a. The AttLVI^res) values in each frequency band are then scaled 
according to this factor a. The scaling factor a is calculable through the use of the 

15 transfer function or it can be deteimined by use of a look up table. In fig. 5 a possible 
look of the transfer function is displayed. After this scaling the final attenuation values 
AttLVT, are ready to be used in the signal path of the hearing aid to adjust the 
amplification of the individual bands in order to dampen possible noise. 

20 When the invention is implemented in a hearing aid the usual spectral amplification 
according to the hearing aid users need is also performed. 



